WiMAX is a wireless broadband technology, which promises maximum coverage area and high data rates. WiMAX provides last mile connectivity. This network defines two working models such as fixed WiMAX and mobile WiMAX. The main aim of this paper is to compare and also analyze the performance of the VoIP application over fixed and mobile WiMAX, with respect to various codecs such as G.711, G.723.1ar5.3, G.726ar24, G.728ar16 and G.729. We have considered few QoS parameters such as average end-to-end delay, throughput, average jitter, average one-way delay and average MOS. From the obtained result, codec G.711 and G.726ar24 performs better when compared to other codecs in both fixed and mobile WiMAX network.
Introduction
The IEEE 802.16 standard is also known as worldwide interoperability for Microwave Access (WiMAX).It is one of the broadband wireless technologies, which was developed in the year 1998. It is a Wireless Metropolitan Area Network (WMAN). WiMAX network provides better Quality of Service (QoS) to residential and enterprise customers. WiMAX is an alternative to wired technologies such as cable modems and Digital Subscribers Line (DSL). It also has the ability to provide better service in areas where wired infrastructure is difficult to reach. WiMAX solves last mile connectivity problem which means WiMAX provides sufficient bandwidth for the device which is connected at the end of connection. It offers high throughput, large network coverage, flexible QoS support and extensive security [1] . Its frequency range is 10-66 GHz and maximum bandwidth of 120 Mbps with maximum transmission range up to 50 Km [2] . The IEEE 802.16 working group consists of two types of models, fixed WiMAX (i.e. IEEE 802.16d) and mobile WiMAX [3, 4] (i.e. IEEE 802.16e).
Recently, many researchers have focused on using VoIP application in WiMAX networks. In [5] , the authors We have considered few QoS parameters such as: average end-to-end delay, throughput, average jitter, average one-way delay and average Mean Opinion Scale (MOS) to analyze the performance of the above mentioned codecs. In our simulation, we have considered 250 nodes. The organization of the paper is as follows: the fixed WiMAX and mobile WiMAX are explained in detail in section 2 and section 3 respectively. In section 4 we have differentiated fixed and mobile WiMAX technologies. The VoIP applications are discussed in section 5. The result and discussion is brought in section 6. We conclude our work in section 7.
Fixed WiMAX
The IEEE 802.16d standard is also known as fixed WiMAX which is as shown in Fig 1. The fixed WiMAX supports only fixed application. It is very robust against multi-path propagation because it uses Orthogonal Frequency Division Multiplexing (OFDM). OFDM belongs to transmission scheme called multicarrier modulation, which is based on an idea where the high data stream are divided into several parallel lower rate streams, and each of these streams are modulated on separate carriers and these carriers are called subcarriers. In OFDM where the subcarriers are selected in such a way that they are all orthogonal to each other, which decreases overlapping subcarrier channels. Fixed WiMAX can work as a point-to-multipoint with the transmission data rate of 1 Mbps to 75 Mbps at a transmission distance over 50km. It operates in 3.5 GHz and 5.8 GHz spectrum bands [7] . 
Mobile WiMAX
The IEEE 802.16e standard is also known as mobile WiMAX which is as shown in Fig 2. The mobile WiMAX is an amendment to fixed WiMAX by adding mobility [8] . The mobile WiMAX supports mobile, portable, fixed and nomadic applications. Mobile WiMAX uses the Scalable OFDMA (SOFDMA) for improving the multipath performance in non-line-of-sight [9] . In SOFDMA scalability is backed by modifying the size of Fast Fourier Transform (FFT) size. Large and small FFT channels are provided to wider and lower bandwidth channels respectively [10] .Here the sub-carrier spacing does not depend on bandwidth, and the volume of sub-carriers scale with bandwidth. Mobile WiMAX [3, 4] works on the licensed spectrum allocated in the 2.3 GHz, 2.5 GHz and 3.5 GHz frequency bandwidth [7] . 
Comparison of fixed and mobile WiMAX
The IEEE 802.16d uses the Single Input Single Output (SISO) technique for data transmission whereas the IEEE 802.16e uses the Multiple Input Multiple Output (MIMO) technique for data transmission. The major difference between fixed and mobile WiMAX is that the mobile WiMAX helps in mobility management. The other difference is that fixed WiMAX uses the OFDM for its PHY layer whereas Mobile WiMAX uses SOFDMA [10] . The IEEE 802.16d standard uses the QoS classes such as Unsolicited Grant Service (UGS), real time Polling Service (rtPS),non-real time Polling Service (nrtPS) and Best Effort (BE) whereas mobile WiMAX uses the same classes of fixed WiMAX but it adds an additional QoS class called as extended real time Polling Service (ertPS) [11, 28] . The comparisons of both fixed and mobile WiMAX are shown in the Table 1 .
VoIP Application
With fast growing Internet, there is a demand for VoIP application. The VoIP applications are used to carry voice over Internet, also the cost is less compared to traditional telephone lines [12] . VoIP application uses different varieties of signalling protocols such as: H.323, Session Initiation Protocol (SIP), Real-time Transport Protocol (RTP) and Real-time Transport Control Protocol (RTCP). Among these protocols H.323 and SIP are generally used for call signalling and call management purposes [13] . In our study, we have used H.323 signalling protocol.
H.323 is a standard defined by the International Telecommunication Union-Telecommunication Standardization Sector (ITU-T) [14] , for the transmission of real-time audio, video and data over packet switched networks. It specifies the components, protocols and procedures for multimedia application. [15] .
Codec is a term used for the word coder-decoder [16] . Codecs are used to convert analog audio signal into compressed digital signals and vice versa [17] . Various codecs are used for transmission of VoIP application. The following codecs are implemented by the H.323 signalling protocol and they have been listed below. In this study we have used codecs such as G.711, G.723.1ar5.3, G.726ar24, G.728ar16 and G.729.
G.711
G.711 is a standard codec with high bit rate about 64 Kbps [18, 19] and is also known as Pulse Code Modulation (PCM) of voice frequencies [20] . It is a public domain codec widely used in VoIP applications. This codec is used by the Public Switched Telephone Network (PSTN) and Integrated Services Digital Network (ISDN) lines and it gives better voice quality when used under VoIP application. G.711 employs logarithmic compression that compresses each 16 bit sample to 8 bit sample. It can be used for fax communication over IP networks [21] .
G.723.1ar5.3
G.723 is one of the most efficient and licensed codec with highest compression ratio. It has two versions with distinct bit rates such as 5.3Kbps and 6.4 Kbps. For better quality of speech rate, the G.723 codec performs compression and decompression of 8 KHz to 5.3 to 6.4 Kbps. For the low bit rate it uses the algorithm called as Algebraic Code Excited Linear Prediction (ACELP) [16] . This codec is widely used in applications such as audio, video, fax, telephony, speech and also used in VoIP applications.
G.726ar24
G.726 is an ITU standard codec, which has transmission rates such as 16, 24, 32, and 40 Kbps. It is used for international trunks to save bandwidth. It is also used in Digital Enhanced Cordless Telephony (DECT) wireless phones. The G.726 uses Adaptive Differential pulse Code Modulation (AADPCM) [22] . The applications of G.726 are telephony, voice storage, multimedia & video conferencing, digital circuit multiplication and networks and VoIP.
G.728ar16
G.728 speech codec was standardized by ITU-t in 1992. This codec operates on 16 bits speech signal at 8 KHz and produces a compressed bit stream with bit rate of 16 Kbps. It is based on Low Delay Codebook Excited Linear Prediction (LDCELP) compression technique [22] . G.728 rates as toll quality, so that voice quality is better than all codecs. It is used in satellite telephony, video conferencing and voice over cable application.
G.729
G.729 is an ITU standard codec and also industry standard licensed codec, it offers toll-quality speech at a reasonably low bit rate of 8Kbps. This codec is based on the Conjugate-Structure Algebraic Code Excited Linear Prediction (CS-ACELP) algorithm [16] . This codec has low bandwidth requirements but provides good audio quality. The applications of this codec are fax, telephony, VoIP, Fax over Internet Protocol (FoIP), voice compression, imaging and video software for various applications.
Result and discussion
In this section, we are focusing on analyzing VoIP application [23] in fixed and mobile WiMAX network. In this study we have considered few QoS parameters such as: average end-to-end delay, throughput, average jitter and one-way delay and VoIP parameter Mean Opinion Score (MOS) and also considered up to 250 nodes for both fixed and mobile WiMAX network. We have used QualNet 7.1 network simulator. This simulator is used for creating and animating different network scenarios [24] . The different simulation parameters are shown in the Table 2 . 
Average End-to-End Delay
The average end-to-end delay is defined as the time taken by the bit of data to reach from source to destination node across the network, and it is measured in seconds. The graph for the analysis of average endto-end delay for fixed WiMAX is shown in Fig 3(a) . In fixed WiMAX, which is shown in fig 3.(a) , we have observed that the codec G.711 and G.726ar24 has less end-to-end delay up to 150 nodes and at 250 nodes, it is observed that G.729 has less end-to-end delay. In mobile WiMAX, which is shown in fig 3.(b) , we have observed that at 250 nodes, the codec G.726ar24 has less end-to-end delay whereas at 150 nodes, G.711 has maximum end-to-end delay because of the mobility and increase in the number of nodes in the network.
Throughput
The number of packets successfully delivered over a network is called as Throughput. It is measured as bits/second or bytes/second [25] . The Throughput, T in bits/sec is as per the following:
Total bytes received *8 T= t2-t1 (2) Where, t1 is time at which the first packet is received and t2 is time at which the last packet is received. fig 4. (b)), we have observed that the codec G.711 has maximum throughput compared to other codecs. G.711 uses logarithmic compression while transmitting the packets, and also offers bit rate of 64 Kbits for transmission, because of this feature G.711 is used in wide range of application.
Average Jitter
Average jitter is the amount of variation in the arrival of packets to the destination [26, 27] . The value of jitter is calculated from end-to-end delay. The average Jitter, J in seconds is as follows:
Total packet jitter for all received packets J= number of packets received 1
Packet Jitter = t2 t1
Where t2 is transmission delay of current packet and t1 is transmission delay of previous packet. 
Average one-way delay
One-way delay is equivalent to the difference between arrival time at the destination and departure time at the source. One-way delay is measured in terms of seconds. The one-way delay, D` in seconds is as follows:
Where a & b are destination and source node respectively, t1 is the arrival time at node a and t2 is the departure time at node b. Fig 6.(a) and fig 6.(b) we observed that the codec G.711 provides less one-way delay as compared to other codecs because G.711 works well with the fixed network environment. Whereas in case of Mobile WiMAX, at 250 nodes, the G.726ar24 provides less one-way delay compared to other codecs because it uses 24 Kbps bit rate for transmission and is majorly used in cordless telephony wireless phones.
Average MOS (Mean Opinion Score)
Mean Opinion Score gives VoIP testing a number value as an indication of perceived quality of received voice after being transmitted and compressed using codecs. Different scores are shown in Table 4 [6]. fig 7. (a), we observed that the codec G.726ar24 provides high MOS compared to other codecs, whereas in case of mobile WiMAX(i.e. fig 7.(b) ) both G.711 and G.726ar24 provide high MOS.This is because codec G.711 has voice sampling rate of 8 kHz and each sample is encoded with 8 bits resulting in a constant 64kbps bit rate and offers a very good voice quality. 
